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TITLE OF THE INVENTION 
NOISE SHAPER FOR PROCESSING STEREO SIGNALS 

BACKGROUND OF THE INVENTION 
Field of the Invention 

The present invention relates to a noise shaper 
containing a delta sigma modulator used for processing stereo 
signals, specifically to a noise shaper having features in the 
delta sigma modulator. 

Description of the Related Art 

Conventionally, the processing of a digital stereo signal 
reproduced through a CD or DAT has been using the DA converter 
to which the over sampling technique and noise shaping technique 
are applied. 

Fig. 5 illustrates a block diagram of a DA converter for 
stereo signals, to which a conventional over sampling technique 
and noise shaping technique are applied. 

In the drawing, a two-channel digital stereo signal C is 
separated by an LR signal separation circuit 1 (hereunder, 
called I/F block) . The separated signals each pass n-fold over 
sampling circuits 2, 2' that separately eliminate aliasing 
noises and quantization noises, noise shapers 3, 3' that output 
digital signals with a decreased number of bits to reduce noises 
in the lower frequency range, waveform shapers 4, 4' that shape 
waveforms to remove noises, and LPFs 5, 5' that filter the lower 
frequency components and convert the digital signals into 
analog signals; and through these circuits, the digital stereo 
signal C is converted into the right and left channel analog 
signals . 

Fig. 6 illustrates a conventional circuit of the noise 
shaper. In the drawing, the noise shaper 3 is composed of an 
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input area 31 that inputs the input signal into the noise shaper, 
and a delta sigma modulator 32, which converts inputted over 
sampled signals into delta sigma processed signals and output 
the result. The input area 31 is made up with a flip-flop 12; 
the delta sigma modulator 32 is made up with multipliers 15, 
el, fl, and e2, flip-flops bl, b2, and adders al, a2, and 16, 
and a comparator 18. 

In this manner, the conventional DA converter for stereo 
signals is provided with the noise shapers each for the right 
channel and left channel separately, and the noise shaper needs 
a great many components. Accordingly, the manufacturing cost 
thereof is high, and the occupancy rate of space in the circuit 
is also high, which are the problems to be solved. Besides, 
the two noise shapers each use the power supply and the main 
clock independently, which leads to increasing the power 
consumption . 

SUMMARY OF THE INVENTION 

This invention has been made in view of the above problems , 
and an object of the invention is to reduce the manufacturing 
cost of the noise shaper for processing stereo signals, to 
reduce the occupancy rate of area of the circuit, and to reduce 
the power consumption of the noise shaper. Another object of 
the invention is to reduce the power consumption during the 
processing of monophonic signals in replacement for stereo 
signals . 

According to one aspect of the invention, the noise shaper 
for processing stereo signals includes: an input means that 
inputs two-channel stereo signals; a means that converts the 
two-channel stereo signals into a serial time-division- 
multiplexed signal; a delta sigma modulation means that inputs 
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the serial time-division-multiplexed signal; and a means that 
outputs to separate a noise-shaped output signal into right and 
left channel signals. 

Further, in the foregoing noise shaper for processing 
stereo signals, the delta sigma modulation means may be provided 
with an integration means that is connected in a single stage 
or a multi-stage of two or more stages, which applies a delta 
sigma modulation to an inputted signal, in which the integration 
means is composed of : an adding means to which the serial signal 
is supplied, two storage means to which an output from the adding 
means is inputted in correspondence to the two channels, and 
a selection means that selects in time-sharing either of the 
outputs from the two storage means in correspondence to the two 
channels; and the output of the selection means is inputted to 
the adding means. 

Further, in the noise shaper for processing stereo 
signals, the two storage means may be a flip-flop for the 
L-channel that operates on the basis of an L-channel clock, and 
a flip-flop for the R-channel that operates on the basis of an 
R-channel clock having a different phase with the L-channel 
clock . 
[0019] 

According to the invention, one unit of the noise shaper 
for processing stereo signals applies the time-sharing to both 
the right and left channel signals; accordingly, in contrast 
to the conventional noise shaper composed of two units, the 
overlapped adders and multipliers and so forth can be eliminated 
from the circuit, the power consumption can be reduced to that 
extent, and the occupancy area of the circuit can be reduced, 
which contributes to further miniaturization of the circuit. 

Especially when this noise shaper is applied to the DA 
converter, since it is generally known that as the order of the 
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delta sigma modulator is higher, the characteristic thereof is 
better, the delta sigma modulator having a higher order can 
reduce the number of adders and multipliers to a greater extent. 

Further, in case of implementing the monophonic 
processing, it can be realized by stopping either of the L- 
channel clock and R-channel clock. The power consumption of 
the clock in the monophonic mode can be lowered to about half 
the power consumption in the stereophonic mode. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a block diagram of a DA converter composed of 
a stereo signal processing noise shaper relating to the 
embodiment of this invention; 

Fig. 2 is a waveform chart of signals in the noise shaper 
relating to the embodiment of this invention; 

Fig. 3 is a circuit diagram of the noise shaper relating 
to the embodiment of this invention; 

Fig. 4 is a block diagram of a control signal generator 
making up the DA converter in Fig. 1; 

Fig. 5 is a block diagram of a conventional DA converter; 

and 

Fig . 6 is a circuit diagram of a conventional noise shaper . 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 
The preferred embodiments of the invention will be 
described with reference to the accompanying drawings. In the 
drawings, the same parts as those used in the descriptions of 
the conventional technique, illustrated in Fig. 5 and Fig. 6, 
are given the same symbols. 

Fig. 1 illustrates the block diagram of a DA converter 
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to which the noise shaper relating to the embodiment of the 
invention is applied. 

In Fig. 1, the DA converter includes an LR signal 
separation circuit (hereunder, called I/F block) 1 to which a 
digital stereo signal C is supplied, n-fold over sampling 
circuits 2, 2' to which output signals L, R separated by the 
I/F block are each supplied, a noise shapers 3 to which over 
sampled L/R channel signals are each supplied, waveform shapers 

4, 4' to which noised shaped L/R signals are each supplied, LPFs 

5, 5' to which wave-formed outputs from the waveform shapers 
are each supplied, and a control signal generator 6 that 
generates various control signals used in the circuits from the 
main clock through the noise shaper 3. 

The operation of this DA converter will be described with 
reference to Fig. 2 illustrating the signal waveforms. The I/F 
block 1 captures the L-channel signal when the LR separation 
signal A is High, and captures the R-channel signal when it is 
Low, thereby separating the digital stereo signal C into right 
and left signals. Here, the bit clock B is to determine the 
timings of capturing the L-channel signal and R-channel signal 
each. Thus, the captured L/R channel signals are supplied to 
the over sampling circuits 2, 2' in the following stage, which 
generate data signals E, F having the sampling frequency raised 
in order to reduce the aliasing noises and quantization noises 
of the captured L/R channel signals . Here in Fig . 2, the 8-fold 
over sampling circuit is shown as an example; however, this is 
not limited to 8-fold, it may be 16-fold, 64-fold, 128-fold, 
or even n-fold over sampling, which will be obvious to a person 
having ordinary skill in the art. 

The noise shaper 3 executes the time division 
multiplexing to these data signals E, F, using the signals 
generated by the control signal generator, and thereby 
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generates separation signals K, L of which lower band noises 
have been reduced by an LR time division signal J, L-channel 
clock G, and R-channel clock H, which are supplied to the 
waveform shapers 4, 4'and LPFs 5, 5' . 

The waveform shapers 4, 4' execute the waveform shaping 
of the separation signals K, L to reduce noises, and then the 
LPFs 5, 5' filter the lower components, whereby the separation 
signals K, L are converted into analog signals. 

Referring to Fig. 3, the circuit diagram of the noise 
shaper 3 relating to the embodiment of this invention, the noise 
shaper 3 is composed of an input area 31 and a delta sigma 
modulator 32. The input area 31 is composed of selectors 10, 
11 to which are inputted the L/R channel outputs E, F (data 
signals E, F) from the pre-stage over sampling circuit 2, 
flip-flops 12, 13 that hold the outputs from these selectors, 
and a selector 14 that selectively outputs the outputs of the 
flip-flops 12, 13. 

The delta sigma modulator 32 is composed of a delta sigma 
modulation section that integrates an input signal, and an 
output section that outputs to separate a delta-sigma-modulated 
output signal into an L-channel signal and an R-channel signal. 

The delta sigma modulation section is composed of first 
and second integrators that are cascaded. The first integrator 
includes a first adder al to which is supplied a signal having 
passed through the multiplier 15, an L-channel flip-flop bl to 
which is supplied a signal from the first adder al, which is 
operated by the L-channel clock G, an R-channel flip-flop cl 
to which is supplied a signal from the first adder al, which 
is operated by the R-channel clock H having a phase difference 
against the L-channel clock G, and a selector dl that selects 
the outputs of the flip-flops bl, cl, in which the output from 
the selector dl is fed back to the first adder al . 
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The second integrator cascaded to the first integrator 
includes a second adder a2 to which is supplied an output signal 
from the first integrator, a second L-channel flip-flop b2 to 
which is supplied a signal from the second adder a2, which is 
operated by the L-channel clock G, a second R-channel flip- 
flop c2 to which is supplied a signal from the second adder a2, 
which is operated by the R-channel clock H having a phase 
difference against the L-channel clock G, and a second selector 
d2 that selects the outputs of the flip-flops b2, c2, in which 
the output from the selector d2 is fed back to the second adder 
a2 . 

The output signal from the second integrator passes 
through the multiplier e2, and the output signal from the 
multiplier e2 and the signal having the output from the first 
integrator multiplied by the multiplier f 1 are added, and the 
added output is supplied to a comparator 17. The output from 
the comparator 17 is fed back to the first adder al, which is 
also separated into an L-channel signal K and an R-channel 
signal L in the output section composed of flip-flops 18, 19. 

Next, the operation of the noise shaper 3 thus configured 
will be described. 

In the input area 31, the selectors 10, 11 capture the 
data signals E, F that are over-sampled at the pre-stage, by 
using a load signal I. The load signal I becomes High during 
a period P, and becomes Low during a period Q, of a data period 
T illustrated in Fig. 2. When the load signal I is High, the 
data are captured into the noise shaper 3; when it is Low, the 
input area 31 stops capturing data, and the noise shaper 3 
executes the delta sigma modulation processing to the captured 
data. The data signals E, F are captured into the flip-flops 
12, 13 by the L-channel clock G and the R-channel clock H that 
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are generated by the control signal generator 4. 

The selector 14 of the input area 31 outputs the L-channel 
signal and the R-channel signal captured by the load signal I 
as a serial digital stereo signal. That is, the data signals 
E, F are converted into a serial digital stereo signal being 
time-division-multiplexed by the input area 31. 

Next, the operation of the delta sigma modulator 32 will 
be described. In each of the integrators constituting the 
modulator 32, while the LR time division signal J is Low, an 
L-channel processing terminal M is selected by each of the 
selectors dl, d2, and the L-channel data signal E is captured 
or integrated at the rise timing of the L-channel clock G. The 
results are held by the L-channel flip-flops bl, b2 . That is, 
when the LR time division signal J is Low (PI) , the delta sigma 
modulator 3 operates as a circuit that applies the delta sigma 
modulation to the L-channel data signal E. Similarly, when the 
LR time division signal J is High (P2) , the delta sigma modulator 
3 operates as a circuit that applies the delta sigma modulation 
to the R-channel data signal F. 

The flip-flops 18 and 19 output to separate the above 
processed signal into the L/R separation signals K, L by means 
of the L/R channel clocks G, H. 

In this manner, the noise shaper of this invention 
operates in time-sharing by means of the LR time division signal 
J, L-channel clock G, and R-channel clock H. 

Here, the monophonic processing can be realized by 
stopping either of the L-channel clock and R-channel clock. 
[0016] 

Referring to Fig. 4, the circuit configuration of the 
control signal generator 6 that generates the control signals 
will be described. The control signal generator 6 includes a 
D-type flip-flop 20 in which the C-terminal is supplied with 
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the main clock, and the D-terminal receives a feedback from the 
QB-terminal, a counter 23, an OR circuit 22 that is supplied 
with the main clock D and the output from the Q terminal of the 
D-type flip-flop, and an OR circuit 21 that is supplied with 
the main clock D and the output from the QB terminal of the D-type 
flip-flop; thereby, the control signal generator delivers the 
LR time division signal J, L-channel clock G, R-channel clock 
H, and load signal I. Here, the reset signal R is served to 
reset the flip-flop 14 and the counter 23. 

As it is clear from the comparison of the circuit diagram 
of the conventional DA converter illustrated in Fig. 5, which 
is already described, and the circuit configuration illustrated 
in Fig. 1, relating to the invention, while the conventional 
circuit contains two identical noise shapers, the circuit of 
the invention contains only one noise shaper, which is a novel 
feature of the invention. 

Here in this embodiment, the order of the delta sigma 
modulator is assumed as the second, however it is not limited 
to the second order, but it may be any order. It is generally 
known that as the noise shaper takes a higher order, the 
characteristic thereof becomes better. 

Further, the input area 31 of the conventional noise 
shaper is composed of one flip-flop (the noise shaper has two 
flip-flops since there are two input areas) . On the other hand, 
the input area 31 of the noise shaper of the invention is composed 
of five circuit elements (two flip-flops and three selectors) , 
which means that the circuit of the invention has more 
components in the input area 31. However, the number of 
overlapped components that can be eliminated in the delta sigma 
modulator 32 becomes larger in a higher order noise shaper; 
therefore, it is clear that the invention has a greater effect 
of reducing the number of components. 
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